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FINAL DETAILED ACTION 
Response to Arguments 

1. Applicant's arguments with respect to claims 1, 2, 4-7, 10, 12-14, 16, 17, and 22-30 have 
been considered but are moot in view of the new ground(s) of rejection. 

Claim Rejections -35 USC §102 

2. The following is a quotation of the appropriate paragraphs of 35 U.S.C. 102 that form the 
basis for the rejections under this section made in this Office action: 

A person shall be entitled to a patent unless - 

(e) the invention was described in (1) an application for patent, published under section 122(b), by another filed 
in the United States before the invention by the applicant for patent or (2) a patent granted on an application for 
patent by another filed in the United States before the invention by the applicant for patent, except that an 
international application filed under the treaty defined in section 351(a) shall have the effects for purposes of this 
subsection of an application filed in the United States only if the international application designated the United 
States and was published under Article 21(2) of such treaty in the English language. 

3. Claims 1, 4-7, 14, 16, 17, 22, 23, and 25-30 are rejected under 35 U.S.C. 102(e) as being 
anticipated by U.S. Pat. No. 6,360,271 by Schuster et al, hereinafter Schuster. 

Regarding claim 1, Schuster discloses a packet switched communications system (Fig. 2; 
col. 1, lines 22-28; col. 2, lines 10-14) having a dynamic voice jitter buffer (Fig. 2, 34; i.e. jitter 
buffer; col. 3, lines 59-67) for use with voice over Internet protocol (VoIP) packets (col. 2, lines 
10-14; col. 8, lines 43-56) comprising: a source (Fig. 2, 12; i.e. transmitter) transmitting a 
plurality of VoIP packets (i.e. real-time media; packet stream) for a call (col. 8, lines 44-48; col. 
9, lines 7-49); 

a destination (Fig. 2, 20; i.e. receiver) for receiving the plurality of VoIP packets for the call 
(col. 8, lines 48-52; col. 9, line 66 - col. 10, line 6); and 

at least one router (i.e. processing device; router) for routing the plurality of VoIP packets for the 
call from the source to the destination (col. 14, lines 33-51), 
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wherein at least one of the plurality VoIP packets for the call conveys congestion information 
(i.e. varying transmission delays; jitter) regarding the packet switched communications system 
(col. 10, lines 2-1 1), and wherein a size of the dynamic voice jitter buffer (i.e. buffer delay 
period) is set based on the congestion information conveyed in the at least one of the plurality of 
VoIP packets for the call (col. 5, lines 13-23 and lines 39-47; col. 7, line 46 - col. 8, line 43; col. 

11, lines 1-47). 

Regarding claim 4 5 the packet switched communications system as in claim 1, wherein 
Schuster discloses at least one of the plurality of VoIP packets comprises: 
at least one field that is set to indicate if the VoIP packet has traversed at least 
one router at a speed below a predetermined speed (col. 12, lines 24-55), and wherein the size of 
the dynamic voice jitter buffer is set based upon whether the at least one field is set (col. 7, line 
62 - col. 8, line 44; col. 1 1, lines 1-47). 

Regarding claim 5, the packet switched communications system as in claim 4, wherein 
Schuster discloses the at least one field in the VoIP packet is set with a congestion value (i.e. 
varying transmission delays; jitter) based upon a speed of an originating link (col. 9, line 66 - col. 
10, line 28). 

Regarding claim 6, the packet switch communications systems as in claim 4, wherein 
Schuster discloses: 

the at least one field in the VoIP packet is set with a congestion value based upon at least one of 
a speed of a destination link, or a speed of a link immediately preceding the destination link (col. 

12, lines 24-55). 



Application/Control Number: 10/651,520 Page 4 

Art Unit: 2614 

Regarding claim 7, the packet switched communications system as in claim 
1, wherein Schuster discloses the size of the dynamic voice jitter buffer (i.e. buffer delay period) 
is set to a first size if the congestion information is at or below a first threshold, and wherein the 
size of the dynamic voice jitter buffer is set to a second size if the congestion information is at or 
below a second threshold and above the first threshold, and wherein the size of the dynamic 
voice jitter buffer is set to a third size if the congestion information is above the second threshold 
(col. 10, lines 2-28; col. 11, lines 1-47). 

Regarding claim 14, Schuster discloses a method for setting a size of a jitter buffer (i.e. 
buffer delay period) (Fig. 2, 34; i.e. jitter buffer; col. 3, lines 59-67) 

for a call (col. 8, lines 44-48) for use with a packet switched communications system (Fig. 2; col. 
1, lines 22-28; col. 2, lines 10-14) comprising the steps of: 

receiving a plurality of voice over Internet protocol (VoIP) packets (i.e. real-time media; packet 
stream; col 2, lines 10-14; col. 8, lines 43-56) for the call (col. 8, lines 48-52; col. 9, line 66 - 
col. 10, line 6), wherein at least one of the plurality of VoIP packets comprises a field for 
indicating an amount of transmission delay through a transmission path that the VoIP packet has 
encountered in the packet switched communications system, such that the field is set when at 
least one of the following events occurs: transmission rate for a link used for the VoIP packet is 
below a predetermined threshold or congestion of a link (i.e. varying transmission delays; jitter) 
exceeds a predetermined threshold (i.e. tolerable delay) (col. 10, lines 2-28); 
determining whether the field of the VoIP packet is set (col. 10, lines 2-11); and 
setting the size of the jitter buffer based upon whether the field is set in order to mitigate the 
effect of receipt of non-periodic VoIP packets at the destination device (col. 11, lines 1-47). 
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Regarding claim 16, the method as in claim 14, wherein Schuster discloses the field is set 
using a numeric value based upon the amount of transmission delay (col. 10, lines 2-11; col. 11, 
lines 1-40); and wherein the step of setting the jitter buffer comprises mapping the numeric value 
into a minimal jitter buffer size required for that amount of transmission delay (col. 11, lines 1- 
47). 

Regarding claim 17, the method as in claim 16, wherein Schuster discloses the step of 
setting the size of the jitter buffer further comprises setting the jitter buffer (i.e. buffer delay 
period) to a first size if the numeric value is at or below a first value, and setting the size of the 
jitter buffer to a second size if the numeric value is at or below a second value and above the first 
value, and setting the size of the jitter buffer to a third size of the numeric value is above the 
second value (col. 10, lines 2-28; col. 11, lines 1-47). 

Regarding claim 22, (see Schuster; col. 10, lines 12-28; Fig. 2, 34) 
Regarding claim 23, Schuster discloses in a packet switched communications system 
(Fig. 2; col. 1, lines 22-28; col. 2, lines 10-14) having at least a source device (Fig. 2, 12; i.e. 
transmitter; col. 8, lines 44-48; col. 9, lines 7-49), a destination device (Fig. 2, 20; i.e. receiver; 
col. 8, lines 48-52; col. 9, line 66 - col. 10, line 6), and at least one router (i.e. processing device; 
router; col. 14, lines 33-51), the destination device comprising: 
a receiver for receiving a plurality of voice over Internet protocol (VoIP) packets for a 
call from the source device via the at least one router (col. 8, lines 48-52; col. 9, line 66 - col. 10, 
line 6; col. 12, lines 35-42; col. 14, lines 33-51), wherein at least one of the plurality of 
VoIP packets for the call conveys congestion information (i.e. varying transmission delays; jitter) 
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to the destination device regarding the packet switched communications system (col. 10, lines 2- 
11); and 

a jitter buffer (Fig. 2, 34; i.e. jitter buffer; col. 3, lines 59-67) for mitigating the non-periodic 
receipt of VoIP packets, wherein a size of the jitter buffer (i.e. buffer delay period) is set based . 
on the congestion information conveyed in the at least one of the plurality of VoIP packets for 
the call (col. 10, lines 2-28; col. 11, lines 1-47). 

Regarding claim 25, the destination device as in claim 23, wherein Schuster discloses at 
least one of the plurality of VoIP packets comprises at least one field that is set to indicate if the 
VoIP packet has traversed at least one router at a speed below a predetermined speed (col. 12, 
lines 24-55), and wherein the size of the jitter buffer is set based upon whether the at least one 
field is set (col. 7, line 62 - col. 8, line 44; col. 11, lines 1-47). 

Regarding claim 26, the destination device as in claim 25, wherein Schuster discloses the 
at least one field in the VoIP packet is set with a congestion value (i.e. varying transmission 
delays; jitter) based upon a speed of an originating link (col. 9, line 66 - col. 10, line 28). 

Regarding claim 27, the destination device as in claim 26, wherein Schuster discloses the 
size of the jitter buffer is set based upon the congestion value set within the at least one field (col. 
7, line 62 - col. 8, line 44; col. 11, lines 1-47). 

Regarding claim 28, the destination device as in claim 25, wherein Schuster discloses the 
at least one field in the VoIP packet is set with a congestion value based upon at least one of a 
speed of a destination link, or a speed of a link immediately preceding the destination link (col. 
12, lines 24-55). 
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Regarding claim 29, the destination device as in claim 28, wherein Schuster discloses the 
size of the jitter buffer is based upon the congestion value set within the at least one field (col. 7, 
line 62 - col. 8, line 44; col. 11, lines 1-47). 

Regarding claim 30, the destination device as in claim 23, wherein Schuster discloses the 
size of the jitter buffer (i.e. buffer delay period) is set to a first size if the congestion information 
is at or below a first threshold, and wherein the size of the jitter buffer is set to a second size if 
the congestion information is at or below a second threshold and above the first threshold, and 
wherein the size of the jitter buffer is set to a third size if the congestion information is above the 
second threshold (col. 10, lines 2-28; col. 11, lines 1-47). 

Claim Rejections - 35 USC §103 

4. The following is a quotation of 35 U.S.C. 103(a) which forms the basis for all 
obviousness rejections set forth in this Office action: 

(a) A patent may not be obtained though the invention is not identically disclosed or described as set forth in 
section 102 of this title, if the differences between the subject matter sought to be patented and the prior art are 
such that the subject matter as a whole would have been obvious at the time the invention was made to a person 
having ordinary skill in the art to which said subject matter pertains. Patentability shall not be negatived by the 
manner in which the invention was made. 

5. Claim 2 is rejected under 35 U.S.C. 103(a) as being unpatentable over Schuster as 
applied to claim 1 above, and further in view of U.S. Pat. Appl. Publ. 2002/0141392 by Tezuka 
et al, hereinafter Tezuka. 

Regarding claim 2, the packet switched communications system as in claim 1 , wherein 
Schuster does not disclose a time-to-live (TTL) field. 

Tezuka discloses a packet switched communications system (Fig. 2; section: 0004, 0046- 
0047) having a dynamic voice jitter buffer (Fig. 2, 13; section 0054) for use with voice over 
Internet protocol (VoIP) packets (section 0004) comprising: a source (Fig. 2, 18; i.e. receiver 
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VoIP gateway apparatus) transmitting a plurality of VoIP packets (i.e. test packets; RTCP 
packets) (section 005 1 -0053); 

a destination (Fig. 2, 12; Fig. 9, 22 A; i.e. sender VoIP gateway apparatus) for receiving the 
plurality of VoIP packets (section 0051-0053, 0078); and 

at least one router (i.e. intermediate router) for routing the plurality of VoIP packets for the call 
from the source to the destination (section 0053), 

wherein at least one of the plurality VoIP packets conveys congestion information (i.e. packet 
arrival time jitter) regarding the packet switched communications system (section 0052), and 
wherein a size of the dynamic voice jitter buffer (i.e. jitter buffer amount) is set based on the 
congestion information conveyed in the at least one of the plurality of VoIP packets (section: 
0051-0054). 

Wherein Tezuka discloses the at least one of the plurality of VoIP packets comprises a 
time-to-live (TTL) field that is set to a predetermined value (i.e. IP-TTL maximum value), 
wherein the predetermined value of the TTL field is decremented by one count each time the 
VoIP packet traverses a router in the packet switched communications system (section: 0053, 
0078-0089), and wherein the size of the dynamic voice jitter buffer is set based on calculating 
the number of routers the VoIP packet has traversed (i.e. hop count) based on a final TTL value 
(i.e. IP-TTL value) determined at the destination (section 0053-0054, 0085, 0091). 

Again, Schuster discloses the claimed system except Schuster determines the size of the 
dynamic voice jitter buffer based on congestion information in a least one VoIP packet. 
However, the claimed feature of a VoIP packet comprising a TTL field and the size of the buffer 
based on the value of the TTL field is taught by Tezuka. 
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It would have been obvious to one of the ordinary skill in the art at the time the invention 
was made to modify the system of Schuster to include the size of the dynamic voice jitter buffer 
is set based on the final TTL value as taught by Tezuka. One of ordinary skill in the art would 
have been lead to make include such a modification of Schuster to include a TTL field in a VoIP 
packet, such as the IP-TTL field of Tezuka, to the destination of Schuster to adjust the buffer at 
the destination based on the final TTL value of the VoIP packets. The benefit of providing a 
TTL field to the destination of Schuster as taught by Tezuka is that the size of the dynamic voice 
jitter buffer is determined by the number of routers the VoIP packet has hopped as revealed by 
the TTL field. 

6. Claims 10, 12, and 13 are rejected under 35 U.S.C. 103(a) as being unpatentable over 
Schuster in view of Tezuka. t 

Regarding claim 10, Schuster discloses a method for setting a size of a jitter buffer (Fig. 
2, 34; i.e. jitter buffer; col. 3, lines 59-67) for a call for use in a packet switched communications 
system (Fig. 2; col. 1, lines 22-28; col. 2, lines 10-14) comprising the steps of: receiving a 
plurality of voice over Internet protocol (VoIP) packets (i.e. real-time media; packet stream) for 
the call (col. 8, lines 44-48; col. 9, lines 7-49), wherein at least one of the plurality of VoIP 
packets traverses a router (i.e. processing device; router) in the packet switched communication 
system (col. 14, lines 33-51); 

setting the size of the jitter buffer based upon a field (i.e. varying transmission delays; jitter) in 
order to mitigate the effect of receipt of non-periodic VoIP packets at the destination device (col. 
11, lines 1-47). 

Schuster does not disclose a time-to-live (TTL) field. 
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Tezuka discloses a method for setting a size of a jitter buffer (Fig. 2, 13; section 0054) for 
use in a packet switched communications system (Fig. 2; section: 0004, 0046-0047) comprising 
the steps of: receiving a plurality of voice over Internet protocol (VoIP) packets (i.e. test packets; 
RTCP packets) (section 0051-0053, 0078), wherein at least one of the plurality of VoIP packets 
comprises a time-to-live (TTL) field in set to a predetermined value (i.e. IP-TTL maximum 
value) that is decremented by at least one count each time the VoIP packet traverses (i.e. hop 
count) a router (i.e. intermediate router) in the packet switched communication system (section 
0053); reading a final value of the TTL field (i.e. IP-TTL value); and 

setting the size of the jitter buffer based upon the final value of the TTL field in order to mitigate 
the effect of receipt of non-periodic VoIP packets at the destination device (section 0053-0054, 
0085,0091). 

Again, Schuster discloses the claimed method except Schuster determines the size of the 
voice jitter buffer based on a field in a least one VoIP packet. However, the claimed feature of a 
VoIP packet comprising a TTL field and the size of the buffer based on the value of the TTL 
field is taught by Tezuka. 

It would have been obvious to one of the ordinary skill in the art at the time the invention 
was made to modify the method of Schuster to include the size of the jitter buffer is set based on 
the final TTL value as taught by Tezuka. One of ordinary skill in the art would have been lead 
to make include such a modification of Schuster to include a TTL field in a VoIP packet, such as 
the IP-TTL field of Tezuka, to the destination device of Schuster to adjust the buffer at the 
destination device based on the final TTL value of the VoIP packets. The benefit of providing a 
TTL field to the destination device of Schuster as taught by Tezuka is that the size of the 
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dynamic voice jitter buffer is determined by the number of routers the VoIP packet has hopped 
as revealed by the TTL field. 

Regarding claim 12, the method as in claim 10 5 wherein Schuster in view of Tezuka 
discloses the step of setting the size of the jitter buffer comprises: 

comparing the predetermined value of the TTL field with the final value of the TTL field to 
produce a compared value; and setting the size of the jitter buffer based upon the compared value 
(Tezuka: section 0085 , 0091). 

Regarding claim 13, the method as in claim 12, wherein Schuster in view of Tezuka 
discloses the step of: setting the size of the jitter buffer (i.e. buffer delay period) further 
comprises setting the jitter buffer to a first size if the compared value is at or below a first value, 
and setting the size of the jitter buffer to a second size if the compared value is at or below a 
second value and above the first value, and setting the size of the jitter buffer to a third size if the 
compared value is above the second value (Schuster: col. 10, lines 2-28; col. 11, lines 1-47). 
7. Claim 24 is rejected under 35 U.S.C. 103(a) as being unpatentable over Schuster as 
applied to claim 23 above, and further in view of Tezuka. 

Regarding claim 24, the destination device as in claim 23, wherein Schuster does not 
disclose a time-to-live (TTL) field. 

Tezuka discloses in a packet switched communications system (Fig. 2; section: 0004, 
0046-0047) having at least a source device (Fig. 2, 18; i.e. receiver VoIP gateway apparatus), a 
destination device (Fig. 2, 12; Fig. 9, 22A; i.e. sender VoIP gateway apparatus), and at least one 
router (i.e. intermediate router; section 0053), the destination device comprising: 
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a receiver for receiving a plurality of voice over Internet protocol (VoIP) packets from the source 
device via the at least one router (section 005 1-0053, 0078), wherein at least one of the plurality 
of VoIP packets conveys congestion information (i.e. packet arrival time jitter) to the destination 
device regarding the packet switched communications system (section 0052); and 
a jitter buffer for mitigating the non-periodic receipt of VoIP packets, wherein a size of the jitter 
buffer (i.e. jitter buffer amount) is set based on the congestion information conveyed in the at 
least one of the plurality of VoIP packets (section: 005 1 -0054). 

Wherein Tezuka discloses the at least one of the plurality of VoIP packets comprises a 
time-to-live (TTL) field that is set to a value (i.e. IP-TTL maximum value), wherein the value of 
the TTL field is decremented by one count each time the VoIP packet traverses a router in the 
packet switched communications system (section: 0053, 0078-0089), and wherein the size of the 
jitter buffer is set based on calculating the number of routers the VoIP packet has traversed (i.e. 
hop count) based on a final TTL value (i.e. IP-TTL value) determined at the destination device 
(section 0053-0054, 0085, 0091). 

Again, Schuster discloses the claimed destination device except Schuster determines the 
size of the jitter buffer based on congestion information in a least one VoIP packet. However, 
the claimed feature of a VoIP packet comprising a TTL field and the size of the buffer based on 
the value of the TTL field is taught by Tezuka. 

It would have been obvious to one of the ordinary skill in the art at the time the invention 
was made to modify the destination device of Schuster to include the size of the jitter buffer is 
set based on the final TTL value as taught by Tezuka. One of ordinary skill in the art would 
have been lead to make include such a modification of Schuster to include a TTL field in a VoIP 
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packet, such as the IP-TTL field of Tezuka, to the destination device of Schuster to adjust the 
buffer at the destination device based on the final TTL value of the VoIP packets. The benefit of 
providing a TTL field to the destination device of Schuster as taught by Tezuka is that the size of 
the jitter buffer is determined by the number of routers the VoIP packet has hopped as revealed 
by the TTL field. 

Conclusion 

8. Applicant's amendment necessitated the new ground(s) of rejection presented in this 
Office action. Accordingly, THIS ACTION IS MADE FINAL. See MPEP § 706.07(a). 
Applicant is reminded of the extension of time policy as set forth in 37 CFR 1.136(a). 

A shortened statutory period for reply to this final action is set to expire THREE 
MONTHS from the mailing date of this action. In the event a first reply is filed within TWO 
MONTHS of the mailing date of this final action and the advisory action is not mailed until after 
the end of the THREE-MONTH shortened statutory period, then the shortened statutory period 
will expire on the date the advisory action is mailed, and any extension fee pursuant to 37 
CFR 1 . 1 36(a) will be calculated from the mailing date of the advisory action. In no event, 
however, will the statutory period for reply expire later than SIX MONTHS from the date of this 
final action. 

9. The prior art made of record and not relied upon is considered pertinent to applicant's 
disclosure. See PTO-892 Form. 

1 0. Any response to this action should be mailed to: 

Commissioner for Patents 
P.O. Box 1450 
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Alexandria, VA 22313-1450 



Or faxed to: 



(571) 273-8300 (for formal communications intended for entry) 



Or call: 



(571) 272-2600 (for customer service assistance) 



Any inquiry concerning this communication or earlier communications from the 
examiner should be directed to Lisa Hashem whose telephone number is (571) 272-7542. The 
examiner can normally be reached on M-F 8:30-5:30. 

If attempts to reach the examiner by telephone are unsuccessful, the examiner's 
supervisor, Fan Tsang can be reached on (571) 272-7547. Any inquiry of a general nature or 
relating to the status of this application or proceeding should be directed to the Group 
receptionist whose telephone number is (571) 272-2600. 

1 1 . Information regarding the status of an application may be obtained from the Patent 
Application Information Retrieval (PAIR) system. Status information for published applications 
may be obtained from either Private PAIR or Public PAIR. Status information for unpublished 
applications is available through Private PAIR only. For more information about the PAIR 
system, see http://pair-direct.uspto.gov. Should you have questions on access to the Private PAIR 
system, contact the Electronic Business Center (EBC) at 866-217-9197 (toll-free). 
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